The aims of this paper are to (i) provide a brief history of cochlear implants; (ii) present a status report on the current state of implant engineering and the levels of speech understanding enabled by that engineering; (iii) describe limitations of current signal processing strategies; and (iv) suggest new directions for research. With current technology the ''average" implant patient, when listening to predictable conversations in quiet, is able to communicate with relative ease. However, in an environment typical of a workplace the average patient has a great deal of difficulty. Patients who are ''above average" in terms of speech understanding, can achieve 100% correct scores on the most difficult tests of speech understanding in quiet but also have significant difficulty when signals are presented in noise. The major factors in these outcomes appear to be (i) a loss of low-frequency, fine structure information possibly due to the envelope extraction algorithms common to cochlear implant signal processing; (ii) a limitation in the number of effective channels of stimulation due to overlap in electric fields from electrodes; and (iii) central processing deficits, especially for patients with poor speech understanding. Two recent developments, bilateral implants and combined electric and acoustic stimulation, have promise to remediate some of the difficulties experienced by patients in noise and to reinstate low-frequency fine structure information. If other possibilities are realized, e.g., electrodes that emit drugs to inhibit cell death following trauma and to induce the growth of neurites toward electrodes, then the future is very bright indeed.
Introduction
In 1802, Ludwig van Beethoven fell into a deep depression following a nearly complete loss of his remaining hearing. His physician recommended rest in Heiligenstadt, a village then and now a part of greater Vienna. There Beethoven wrote in October of that year his famous Heiligenstadt Testament, addressed to his two brothers and meant to be read after his death. In it, he said (translated from the original German into modern English): ''. . .For me there can be no relaxation in human society; no refined conversations, no mutual confidences. I must live quite alone and may creep into society only as often as sheer necessity demands. . . .Such experiences almost made me despair, and I was on the point of putting an end to my life -the only thing that held me back was my art. . . [and] thus I have dragged on this miserable existence."
Helen Keller wrote in her autobiography, The Story of My Life (first published in 1905): ''. . .I am just as deaf as I am blind. The problems of deafness are deeper and more complex, if not more important, than those of blindness. Deafness is a much worse misfortune. For it means the loss of the most vital stimulus -the sound of the voice that brings language, sets thoughts astir and keeps us in the intellectual company of man."
These poignant descriptions convey the feelings of isolation that often accompany deafness. Beethoven stressed loneliness as the major hardship, as opposed to a separation from his music. Helen Keller stressed that ''blindness cuts one off from things, but deafness cuts one off from people."
Just thirty years ago there were no effective treatments for deafness or severe hearing impairments. The advent of cochlear implants (CIs) changed that, and today implants are widely regarded as one of the great achievements of modern medicine.
The purposes of this paper are first to provide a brief history of implants and then to present a status report of where we are and where we are headed with implants. The status report describes current designs and levels of performance. It also presents strengths and weaknesses of present-day implant systems, and offers some possibilities for addressing the weaknesses. These contributions are meant to serve as an introduction and overview for other papers in this special issue on Frontiers of Auditory Prosthesis Research: Implications for Clinical Practice. In addition, the contributions are meant to celebrate the courage and persistence of the pioneers who made this ''miracle" of modern medicine possible. The authors of the papers in this issue, along with their many contemporary colleagues, are standing on broad shoulders indeed, and it is our shared challenge and opportunity to move this technology forward and to do so at the same remarkable pace as in the past 30 years.
Historical context
As recently as the early 1980s, many eminent and highly knowledgeable people believed that CIs would provide only an awareness of environmental sounds and possibly speech cadences to their users. Many were skeptical of implants and thought that mimicking or reinstating the function of the exquisite machinery in the normal inner ear was a fool's dream. Among these critics were world-renowned experts in otology and auditory physiology. Fortunately, pioneers persisted in the face of this intense criticism and provided the foundations for the present devices.
The early history of CIs is illustrated in Fig. 1 , which shows principal events and the main developers of CI systems. The history begins with Alessandro Volta in 1790. He connected each end of a battery ''stack" (or ''pile," as he called it) with a wire that terminated with a conductive rod. He then placed each of the two rods within his ear canals and experienced a ''boom within the head,"
followed by a sensation of sound similar to that of ''boiling, thick soup." He immediately terminated the experiment and did not repeat it. This was the first report of auditory percepts elicited with electrical stimulation, although it is not certain whether the percepts were produced with direct electrical activation of auditory neurons or via electro-mechanical effects, such as those underlying electrophonic hearing (e.g., Stevens, 1937) . The voltage of the battery stack was about 50 V.
The first implant of a device for electrical stimulation of the auditory nerve was performed by Djourno and Eyriès in Paris in 1957. An induction coil was used, with one end placed on the stump of the auditory nerve or adjacent brainstem and the other end within the temporalis muscle (the patient had had bilateral cholesteatomas which had been removed in prior operations, taking the cochleas and peripheral parts of the auditory nerves with them). The patient used the device for several months before it failed, and was able to sense the presence of environmental sounds but could not understand speech or discriminate among speakers or many sounds. He could, however, discriminate among (i) large changes in frequencies of stimulation below about 1000 Hz, and (ii) speech sounds in small closed sets (e.g., with three words in a set), most likely on the basis of rhythmic cues. He was re-implanted with another device following the failure of the first device, but this second device also failed after a short period.
This demonstration of direct electrical stimulation of auditory system was not widely known outside of France until years later. By serendipity, a patient of Dr. William F. House in Los Angeles gave him a newspaper article that very briefly described the work of Djourno and Eyriès. Dr. House was inspired by the account, and he initiated an effort to develop a practical and reliable way to treat deafness using electrical stimulation of the cochlea. Dr. House first worked with Dr. James Doyle, a neurosurgeon, and later with Jack Urban, an engineer, and others. The first implants by Dr. House were performed in 1961. Each of two patients received a gold wire inserted a short distance into the (deaf) cochlea. The patients could hear sounds in the environment via electrical stimulation of this single electrode (with reference to another electrode in the temporalis muscle), but could not understand speech.
Soon after these initial implants by Dr. House, Dr. F. Blair Simmons began his work at Stanford, which included animal studies and which included implantation in human subjects of electrodes within the auditory nerve trunk in the modiolus. Multiple other efforts then commenced worldwide in the late 1960s and the 1970s, as depicted in the figure. Each of these subsequent efforts involved electrical stimulation of the auditory system using an electrode or an array of electrodes inserted into the scala tympani (ST), one of three fluid-filled chambers along the length the cochlea (see Section 3.2 below). (Dr. House also used this approach.) Many of the efforts led to clinical applications, as indicated by the heavier vertical lines in the figure. Additional details about the fascinating early history of CIs are presented in Finn et al. (1998) , Niparko and Wilson (2000) , Eisen (2006) , and Eisen (in press), and a more-comprehensive discussion of Fig. 1 is presented in Niparko and Wilson (2000) , from which the figure was taken. Personal accounts by Drs. House and Simmons can be found in Simmons (1966) , Simmons (1985) , Bilger et al. (1977) , and House and Berliner (1991) .
As described in Sections 4 and 6 below, contemporary CI systems support high levels of speech reception for their users. The progress since the late 1980s and early 1990s has been especially remarkable, and has quelled the naysayers mentioned at the beginning of this section on historical context. Table 1 tracks changes in ''expert" views about CIs from 1964 to the present. These views range from frank skepticism at the beginning to, at present, complaints about too many patients achieving 100% scores on standard tests of sentence understanding.
Watershed events and views in Table 1 include the ' 'Bilger report" in 1977 . By 1975 patients in the United States had functioning, single-channel CIs. (Most of these patients had been implanted by Dr. House.) The United States National Institutes of Health (NIH) commissioned a study at that point, to evaluate the performance of those devices in tests with the 13 patients. The study was conducted by Dr. Robert C. Bilger and his colleagues, and most of the experiments were performed at the University of Pittsburg in the USA. The findings were published in a monograph (Bilger et al., 1977) , which has become known as the Bilger report. One of its key conclusions was that ''although the subjects could not understand speech through their prostheses, they did score significantly higher on tests of lipreading and recognition of environmental sounds with their prostheses activated than without them". The Bilger report altered the perspective on CIs at the NIH. Up until that time, only a few, relatively-small projects had been supported by the agency, and most of those did not involve human studies. Indeed, as late as 1978 the NIH rejected an application for funding of human research with CIs on ''moral grounds" (Simmons, 1985) . The Bilger report demonstrated benefits of CIs, however, and also indicated possibilities for improvements. This had a profound effect at the NIH, and the NIH increased funding for CI research substantially after 1978, including support for human studies. Much of the progress made in the 1980s and afterwards was the direct result of this decision. In particular, work supported through the Neural Prosthesis Program (NPP) at the NIH, first directed by Dr. F. Terry Hambrecht and later by Dr. William J. Heetderks, produced many important innovations in electrode and speech processor designs that remain in use to this day. Additional contributions outside of the NPP were quite important as well, including contributions from investigators in the United States and Australia supported by ''regular" (e.g., R01 and Program Project) NIH grants and other sources, and from investigators in Europe who were not supported by the NIH. (Much of the work in Australia was supported both through the NPP and with regular NIH grants, in addition to principal support from the Australian government and private sources.)
In 1988, NIH convened the first of two consensus development conferences on CIs. Multichannel systems -with multiple channels of processing and with multiple sites of stimulation in the cochleahad come into use at that time. The consensus statement from the 1988 conference (National Institutes of Health, 1988) suggested that multichannel implants were more likely to be effective than single-channel implants, and indicated that about one in 20 patients could carry out a normal conversation without lipreading. Approximately 3000 patients had received CIs by 1988.
New and highly effective processing strategies for CIs were developed in the late 1980s and early 1990s, principally through the NPP. Among these were the continuous interleaved sampling (CIS) (Wilson et al., 1991) , n-of-m (Wilson et al., 1988) , and spectral peak (SPEAK) (Skinner et al., 1994) strategies. Large gains in speech reception performance were achieved with these strategies, two of which remain in widespread use today (CIS and n-of-m). A detailed review of processing strategies and their lines of development is presented in Wilson (2006) .
A second NIH consensus development conference was held in 1995. By then, approximately 12,000 patients had received implants. A major conclusion from the 1995 conference (National Institutes of Health, 1995) was that ''a majority of those individuals with the latest speech processors for their implants will score (May 2008) , the cumulative number of implants worldwide has exceeded 120,000. This number is orders of magnitude higher than the numbers for all other types of neural prostheses combined. In addition, the restoration of function provided by present-day CIs far surpasses that achieved to date with any other neural prosthesis. Indeed, the experience with CIs is being used today as a model for the development or further development of other prostheses, e.g., those for restoration of vision or balance (e.g., Wilson and Dorman, 2008) .
Restoration of function with CIs has advanced to the point that in 2008 Gifford et al. (i) noted that it has become difficult to track changes in patient performance over time because many patients achieve 90 to 100% scores on standard tests of sentence intelligibility in quiet (28% achieve perfect scores) and (ii) called for new, more difficult tests of sentence intelligibility. The need for such tests speaks to the progress made in CI designs during the past two decades.
Present designs

Components of implant systems
The essential components in a cochlear prosthesis system are illustrated in Fig. 2 and include (1) a microphone for sensing sound in the environment; (2) a speech processor to transform the microphone output into a set of stimuli for an implanted array of electrodes; (3) a transcutaneous link for the transmission of power and stimulus information across the skin; (4) an implanted receiver/stimulator to (i) decode the information received from the radio-frequency signal produced by an external transmitting coil and (ii) generate stimuli using the instructions obtained from the decoded information; (5) a multi-wire cable to connect the outputs of the receiver/stimulator to the individual electrodes; and (6) the electrode array. These components must work together as a system and a weakness in a component can degrade performance significantly. For example, a limitation in the data bandwidth of the transcutaneous link can restrict the types and rates of stimuli that can be specified by the external speech processor and this in turn can limit performance. A thorough discussion of considerations for the design of cochlear prostheses and their constituent parts is presented in Wilson (2004) .
One ''component" that is not illustrated in Fig. 2 is the biological component central to the auditory nerve, including the auditory pathways in the brainstem and the auditory cortices of the implant recipient. This biological component varies widely in its functional integrity and capabilities across patients (e.g., Lee et al., 2001; Shepherd and Hardie, 2001; Sharma et al., 2002; Kral et al., 2006; Shepherd et al., 2006; Fallon et al., 2008) , and this variability may explain at least in part the remaining diversity in outcomes with present-day CIs. We will return to this point later in this paper.
Electrical stimulation of the auditory nerve
The principal cause of hearing loss is damage to or complete destruction of the sensory hair cells. Unfortunately, the hair cells are vulnerable structures and are subject to a wide variety of insults, including but not limited to genetic defects, infectious diseases (e.g., rubella and meningitis), overexposure to loud sounds, certain drugs (e.g., kanamycin, streptomycin, and cisplatin), and aging. In the deaf or deafened cochlea, the hair cells are largely or completely absent, severing the connections (both afferent and efferent) between the peripheral and central auditory systems. The function of a cochlear prosthesis is to bypass the missing or damaged hair cells by stimulating directly the surviving neurons in the auditory nerve, in order to reinstate afferent input to the central system.
In some cases, the auditory nerve may be grossly compromised, severed, or missing, e.g., in some types of congenital deafness, some types of basal skull fractures, and removals of tumors from the surface of or within the auditory nerve, which usually take the nerve with the resected tumor. In these (fortunately rare) cases, structures central to the auditory nerve must be stimulated to restore function. Sites that have been used include (1) the surface of the dorsal cochlear nucleus (DCN) (e.g., Otto et al., 2002) ; (2) the surface of the DCN combined with intra-nucleus stimulation using penetrating electrodes in conjunction with the surface electrodes (McCreery, 2008) ; and (3) the central nucleus of the inferior colliculus, using an array of electrodes on a penetrating shank or ''carrier" (Lim et al., 2007 (Lim et al., , 2008 . The number of patients who have received implants at these locations in the central auditory system is slightly higher than 500, whereas the number of patients who have received CIs to date exceeds 120,000, as mentioned before. In the remainder of this paper, discussion is restricted to CIs. However, other papers in this special issue describe the experience thus far with stimulation of central auditory structures (McCreery and Lim et al.) .
In the deaf cochlea, and without the normal stimulation provided by the hair cells, the peripheral parts of the neurons -between the cell bodies in the spiral ganglion and the terminals within the organ of Corti -undergo retrograde degeneration and cease to function (Hinojosa and Marion, 1983) . Fortunately, the cell bodies are far more robust. At least some usually survive, even for prolonged deafness or for virulent etiologies such as meningitis (Hinojosa and Marion, 1983; Miura et al., 2002; Leake and Rebscher, 2004 ). These cells, or more specifically the nodes of Ranvier just distal or proximal to them, are the putative sites of excitation for CIs. In some cases, though, peripheral processes may survive, and excitation may occur more peripherally. (Survival of peripheral processes in the apical region of the cochlea is a certainty for patients with residual, low-frequency hearing in an implanted ear. Whether peripheral processes are -or can be -stimulated electrically with an implant remains to be demonstrated.)
Direct stimulation of remaining elements in the auditory nerve is produced by currents delivered through electrodes placed in the ST, for all contemporary CI systems. Different electrodes in the implanted array may stimulate different subpopulations of neurons. Implant systems attempt to mimic or reproduce a tonotopic pattern of stimulation by stimulating basally-situated electrodes to indicate the presence of high-frequency sounds, and by stimulating electrodes at more apical locations to indicate the presence of sounds with lower frequencies. The stimuli are presented to single electrodes in the array with reference to a remote electrode usually placed in the temporalis muscle or on the outside of the case for the receiver/stimulator, or the stimuli are presented between closely-spaced electrodes within the array. The former arrangement is called ''monopolar stimulation" and the latter arrangement is called ''bipolar stimulation." All implant systems in current widespread use utilize monopolar stimulation, primarily because (1) it supports performance that is at least as good as that supported by bipolar stimulation (e.g., Zwolan et al., 1996) ; (2) it requires substantially less current and battery power for producing auditory percepts (e.g., Pfingst and Xu, 2004) ; and (3) differences in threshold or MCL for individual electrodes across the electrode array are substantially lower with monopolar than with bipolar stimulation (Pfingst and Xu, 2004) , and this can simplify the fitting of speech processors for implant patients.
The spatial specificity of stimulation with ST electrodes most likely depends on a variety of factors, including the geometric arrangement of the electrodes, the proximity of the electrodes to the target neural structures, and the condition of the implanted cochlea in terms of nerve survival, ossification, and fibrosis around the implant. An important goal in the design of CIs is to maximize the number of largely non-overlapping populations of neurons that can be addressed with the electrode array. Present evidence suggests, however, that no more than 4-8 independent sites are available in a speech-processor context and using present electrode designs, even for arrays with as many as 22 electrodes (Lawson et al., 1996; Fishman et al., 1997; Wilson, 1997; Kiefer et al., 2000; Friesen et al., 2001; Garnham et al., 2002) . Most likely, the number of independent sites is limited by substantial overlaps in the electric fields from adjacent (and more distant) electrodes (e.g., Fu and Nogaki, 2004; Dorman and Spahr, 2006) . The overlaps are unavoidable for electrode placements in the ST, as the electrodes are ''sitting" or ''bathed" in the highly conductive fluid of the perilymph and moreover are relatively far from the target neural tissue for most patients, in the spiral ganglion. A closer apposition of the electrodes next to the inner wall of the ST would move them a bit closer to the target, and such placements have been shown, in some cases, to produce an improvement in the spatial specificity of stimulation (Cohen et al., 2006) . However, a large gain in the number of independent sites may well require a fundamentally new type of electrode, or a fundamentally different placement of electrodes, or a fundamentally different type or mode of stimulation. The many issues related to electrode design, along with prospects for the future, are discussed in Wilson (2004) , Spelman (2006) , Middlebrooks and Snyder (2007) , Middlebrooks and Snyder (2008) , Anderson (2008) , and Wise et al. (2008) . Additionally, a new approach using optical rather than electrical stimulation of auditory neurons is described by Richter et al. (2008) .
Processing strategies for cochlear implants
One of the simpler and most effective approaches for representing speech and other sounds with present-day CIs is illustrated in Fig. 3 . This is the CIS strategy mentioned before in Section 2, and which is used as the default strategy or as a processing option in all implant systems now in widespread clinical use.
The CIS strategy filters speech or other input sounds into bands of frequencies with a bank of bandpass filters. Envelope variations in the different bands are represented at corresponding electrodes in the cochlea by modulating trains of biphasic electrical pulses. The envelope signals extracted from the bandpass filters are compressed with a nonlinear mapping function prior to the modulation, in order to map the wide dynamic range of sound in the environment (up to about 100 dB) into the narrow dynamic range of electrically evoked hearing (about 10 dB or somewhat higher). (The mapping also can be more restricted, e.g., from the approximately 30 dB range for speech sounds into the 10 dB range for electrically evoked hearing; for such a restricted mapping some sort of automatic gain or volume control following the microphone input is essential, to ''shift" the range of ambient speech sounds into the dynamic range of processing for the filter bank and envelope detectors.) The output of each bandpass channel is directed to a single intracochlear electrode, with low-to-high channels assigned to apical-to-basal electrodes, to mimic at least the order, if not the precise locations, of frequency mapping in the normal cochlea. The pulse trains for the different channels and corresponding electrodes are interleaved in time, so that the pulses across channels and electrodes are nonsimultaneous. This eliminates a principal component of electrode interaction, which otherwise would be produced by direct vector summation of the electric fields from different (simultaneously stimulated) electrodes. (Other interaction components are not eliminated with the interleaving, but these other components are generally much lower in magnitude than the principal component due to the summation of the electric fields; see, e.g., Favre and Pelizzone, 1993 .) The corner or ''cutoff" frequency of the lowpass filter in each envelope detector typically is set at 200 Hz or higher, so that the fundamental frequencies (F0s) of speech sounds are represented in the modulation waveforms. Pulse rates in CIS processors typically approximate or exceed 1000 pulses/s/electrode, to ensure an adequate ''sampling" of the highest frequencies in the modulation waveforms (a ''four times" oversampling rule is applied; see Busby et al., 1993; Wilson, 1997; Wilson et al., 1997) . CIS gets its name from the continuous sampling of the (compressed) envelope signals by rapidly presented pulses that are interleaved across electrodes. Between 4 and 22 channels (and corresponding stimulus sites) have been used in CIS implementations to date. (CIS processors often are described as having a small number of channels and associated sites of stimulation, e.g., 6-8, but this is incorrect. The strategy itself does not place a limitation on the number of channels and sites; as just mentioned, CIS implementations to date have used as many as 22 channels and sites.)
Other strategies also have produced outstanding results. Among these are the n-of-m and SPEAK strategies also mentioned before in Section 2, and the advanced combination encoder (ACE) (Kiefer et al., 2001 ) and ''HiResolution" (HiRes) strategies (Koch et al., 2004) , which were developed more recently. The n-of-m, SPEAK, and ACE strategies each use a channel-selection scheme, in which the envelope signals for the different channels are ''scanned" prior to each frame of stimulation across the intracochlear electrodes, to identify the signals with the n-highest amplitudes from among m processing channels (and associated electrodes). Stimulus pulses are delivered only to the electrodes that correspond to the channels with those highest amplitudes. The parameter n is fixed in the n-of-m and ACE strategies, and that parameter can vary from frame to frame in the SPEAK strategy, depending on the level and spectral composition of the signal from the microphone. Stimulus rates typically approximate or exceed 1000 pulses/s/selected electrode in the n-of-m and ACE strategies, and they approximate 250 pulses/s/selected electrode in the SPEAK strategy. The designs of the n-of-m and ACE strategies are essentially identical, and they are quite similar to CIS except for the channel-selection feature (Wilson, 2006) . The SPEAK strategy uses much lower rates of stimulation and an adaptive n, as noted above.
The channel selection or ''spectral peak picking" scheme used in the n-of-m, ACE, and SPEAK strategies is designed in part to reduce the density of stimulation while still representing the most important aspects of the acoustic environment. The deletion of lowamplitude channels (and associated stimuli) for each frame of stimulation may reduce the overall level of masking or interference across electrode and excitation regions in the cochlea. To the extent that the omitted channels do not contain significant information, such ''unmasking" may improve the perception of the input signal by the patient. In addition, for positive speech-to-noise ratios (S/Ns), selection of the channels with the greatest amplitudes in each frame may emphasize the primary speech signal with respect to the noise.
The HiRes strategy is a close variation of CIS that uses relatively high rates of stimulation, relatively high cutoff frequencies for the envelope detectors, and up to 16 processing channels and associated stimulus sites. The terms HiRes and CIS are sometimes used interchangeably. Detailed descriptions of all of the processing strategies mentioned above (and many of their predecessors) are presented in Wilson (2006) .
During the past several years, increasing attention has been devoted to representing ''fine structure" or ''fine frequency" information with CIs (e.g., Smith et al., 2002; Nie et al., 2005; Litvak et al., 2008; Bonham and Litvak, 2008) . These recent efforts are reviewed and discussed in Wilson and Dorman (in press-a, in press-b) . The extent to which the ''envelope based" strategies reviewed above may represent the information is discussed in Section 5.6 of the present paper. Contemporary applications of processing strategies according to manufacturer are shown in Table 2 . The manufacturers include MED-EL GmbH of Innsbruck, Austria; Cochlear Ltd. of Lane Cove, Australia; and Advanced Bionics Corp. of Valencia, CA, USA. Each of the manufacturers offers multiple processing strategies, as shown. Among these choices, CIS is the default strategy for the MED-EL device, ACE is the default strategy for the Cochlear device, and HiRes is the default choice for the Advanced Bionics device. An alternative strategy may be selected by the audiologist at the time of a first or subsequent fitting for a particular device and patient. However, this is rarely done, and the default choices are generally the ones used in standard clinical practice, at least as of this writing. Table 3 shows strategies that are currently being evaluated in company-sponsored studies. These strategies include ''Fine Hearing" (Hochmair et al., 2006; Arnoldner et al., 2007) , HiRes with the ''Fidelity TM 120 option" (or ''HiRes 120" for short) (Trautwein, 2006; Buechner et al., 2008; Litvak et al., 2008) , and MP3000 (Nogueira et al., 2005; Büchner et al., 2008) . The Fine Hearing strategy also is called the fine structure processing (FSP) strategy, and the MP3000 strategy also is called the psychoacoustic advanced combination encoder (PACE) strategy. The Fine Hearing strategy is designed to represent fine structure information (see Section 5.6), in part through initiation of short groups of pulses at the positive zero crossings in the bandpass outputs for selected channels. The HiRes 120 strategy is designed to increase the spatial resolution of stimulation and perception with CIs using a current steering technique, and, through that, to increase the transmission of finestructure information. The MP3000 strategy uses a model of auditory masking to select sites of stimulation in the implant that would correspond to perceptually-salient components of the sound input for listeners with normal hearing. In this selection, the components that would be masked for such listeners (and therefore not perceptually salient) are omitted from the representation. These various strategies are described in detail in Wilson and Dorman (in press-b) . Additionally, approaches using current steering or focusing are described by Bonham and Litvak (2008) .
Among the strategies listed in Table 3 , the Fine Hearing and HiRes 120 strategies have become available for clinical use outside of the study protocols. For example, the HiRes 120 strategy is now approved for use in adults in the United States. The approved uses for these various strategies may well broaden in the near future to all classes of prospective patients and to all or most countries in which implant operations are performed.
Strategies still in the initial stages of development include those designed to provide a closer mimicking of the (intricate and interactive) processing that occurs in the normal auditory periphery (e.g., Wilson et al., 2005, 2006, and Wilson et al., in press) , and additional approaches aimed at representing fine-structure information (e.g., Nie et al., 2005; Wilson et al., 2005; Zeng et al., 2005) . Some of these newer strategies also are described in Wilson and Dorman (in press-b) , along with progenitors of the Fine Hearing and HiRes 120 strategies.
Performance with present-day unilateral implants
Each of the major implant systems and the default processing strategies used with them supports recognition of monosyllabic words on the order of 50-60% correct (using hearing alone), across populations of tested subjects (see, e.g., Table 2 .4 in Wilson, 2006) . Variability in outcomes is high, however, with some subjects achieving scores at or near 100% correct and with other subjects scoring close to zero on this most difficult of standard audiological measures. Standard deviations of the scores range from about 10% to about 30% for the various studies conducted to date.
The ranges of scores and other representative findings for contemporary CIs are illustrated in Fig. 4 , which shows scores for 55 users of the MED-EL COMBI 40 implant system and the CIS processing strategy. Scores for the Hochmair-Schultz-Moser sentences are presented in the top panel, and scores for recognition of the Freiburger monosyllabic words are presented in the bottom panel. Results for five measurement intervals are shown, ranging from one month to two years following the initial fitting of the speech processor. The solid line in each panel shows the mean of the individual scores. The data are a superset of those reported in Helms et al. (1997) , that include scores for additional subjects at various test intervals, as reported in Wilson (2006) . Most of the subjects used an 8-channel processor with a pulse rate of about 1500/s/electrode. Some of the subjects used fewer channels and a proportionately higher rate.
As is evident from the figure, scores are broadly distributed at each test interval and for both tests. Ceiling effects are encountered for the sentence test for many of the subjects, especially at the later test intervals. At 24 months, 46 of the 55 subjects score above 80% correct, consistent with the 1995 NIH Consensus Statement. Scores for the recognition of monosyllabic words are much more broadly distributed. For example, at the 24 months interval only 9 of the 55 subjects have scores above 80% correct and the distribution of scores from about 10% correct to nearly 100% correct is almost perfectly uniform. Nonetheless, the scores for the top performers are especially remarkable given that only a maximum of eight broadly overlapping sectors of the auditory nerve are stimulated with this device and the implementation of CIS used with it. This number is quite small in comparison to the normal complement of approximately 30,000 neurons in the human auditory nerve.
The results in Fig. 4 also show a learning or accommodation effect, with continuous improvements in scores over the first twelve months of use. This suggests the importance of cortical plasticity (reorganization) in a patient's progressively better utilization of the sparse and otherwise abnormal inputs provided by a CI. The asymptotic means at and beyond 12 months are about 90% correct for sentences and 55% correct for monosyllabic words. Such results typify performance with the best of the modern CI systems and processing strategies, for electrical stimulation on one side with a a Manufacturers are shown in the left column and the processing strategies used in their implant systems are shown in the remaining columns. The full names and detailed descriptions of the strategies are presented in the text. These three manufacturers presently account for more than 99% of the worldwide implant market. unilateral implant. (Results for other conditions, e.g., electrical stimulation on both sides with bilateral implants, are presented in Section 6.) There is a broad equivalence among contemporary signal processing strategies, e.g., CIS and ACE, in terms of the levels of performance achieved by patients on standard tests of speech understanding. This equivalence indicates, among other things, that there is no obvious advantage in either selecting or not selecting subsets of channels for each frame of stimulation. What seems to be important instead is the many features shared by the strategies, e.g., nonsimultaneous stimulation across electrodes; rates of stimulation near or above 1000 pulses/s/stimulated electrode; the same or highly-similar processing in each bandpass channel for extracting and mapping envelope signals; a low-pass cutoff in the envelope detector (or its equivalent) of at least 200 Hz; and at least 6-8 active (selected or always utilized) channels and corresponding sites of stimulation, to match or slightly exceed the number of effective channels that can be supported with present-day ST implants and the current processing strategies.
When performance across a wide range of tests is evaluated, then differences in performance as a function of strategy implementations can be found. Spahr et al. (2007) report differences in performance as a function of implementations when input signals were presented at low levels or when the signals were presented in noise. The differences in performance were not due to differences in the processing strategy per se, or the number of channels of stimulation, or the stimulation rate. Rather the differences in performance were linked to the size of the input dynamic range (larger is better) and the method by which compression is implemented.
The performance of contemporary patients on tests of (i) consonant identification; (ii) vowel identification; (iii) sentence identification in quiet and noise; (iv) between and within gender discrimination of male and female voices; and (v) identification of simple melodies without rhythm cues is shown in Table 4 . Patients were divided into two groups; one (n = 20) that achieved average scores (mean = 58% correct) on a test of monosyllabic word recognition and a second (n = 21) that achieved above average scores (mean = 80% correct) (Dorman and Spahr, 2006) . In the average group, 12 patients used a CI with a 16-channel, high-rate CIS processor, and eight used a CI with a lower-rate, 12-channel CIS processor. In the above-average group, 12 patients used a 16-channel CIS processor and nine used a 12-channel CIS processor.
For the ''average" patients, scores on the clearly-articulated City University of New York (CUNY) sentences (Boothroyd et al., 1985) were at the ceiling (97% correct) of performance. Thus, the average implant patient, when listening to predictable conversations in quiet, should be able to communicate with relative ease. However, scores from sentences that were spoken by multiple talkers in a more normal, casual speaking style [the AzBio sentences ] averaged only 70% correct. This outcome suggests a greater difficulty in understanding speech in quiet than suggested from experiments using the CUNY or Hearing in Noise Test (HINT) sentences. At +10 dB S/N, performance on the AzBio sentences fell to 42% correct. At +5 dB S/N, a typical level in many work, classroom, and social environments, performance on the AzBio sentences was only 27% correct. The difference in performance for casually spoken sentences in quiet and in a commonly-encountered noise environment highlights the difficulty faced by the average implant patient when attempting to understand speech presented in everyday situations.
Discrimination between male and female voices was accomplished easily. However, discrimination of two male voices or two female voices was only slightly better than chance (50% correct).
To assess the recognition of melodies, each subject selected five familiar melodies from a list of 33 melodies. Each melody consisted of 16 equal-duration notes and was synthesized with MIDI software that used samples of a grand piano. The frequencies ranged from 277 Hz to 622 Hz. The melodies were created without distinctive rhythmic information. Performance on this very simple task was very poor (33% correct; chance performance for the task was 20% correct).
The results from the voice discrimination task and the melody recognition task combine to demonstrate that most patients do not extract low-frequency information from the time waveform with a high degree of fidelity. This is the case even when the pulse rate is sufficiently high to provide good resolution of the time waveform.
Three aspects of the performance of the above-average patients are noteworthy. First, performance on sentences produced in a casual speaking style in quiet was high (90% correct), demonstrating that the better patients can function at a high level in a quiet environment even when multiple speakers are not trying to speak clearly and predictably. Second, at a S/N commonly encountered in many everyday environments (+5 dB), performance fell to 52% correct. This suggests that even the better patients will have difficulty understanding speech in a typically noisy environment. Third, performance on the tests of within-gender speaker recognition and of melody recognition, while superior to that of the patients in the average group, still was poor.
The relatively poor resolution of pitch, as noted above, should have a significant impact on CI patients who speak a tone language, i.e., a language in which pitch is used to signal a difference in meaning among words. Mandarin, for example, has four tone patterns; Cantonese has six. Mean scores on tests of recognition of the tone patterns for Mandarin average between 50% and 70% correct (e.g., Wei et al., 2004) . More than a quarter of the world's population uses tone languages (e.g., Zeng, 1995) , so relatively low scores like those just cited are a potentially-important problem. (The full magnitude of the problem is not known at present, as other cues also can signal some of the differences in word meanings.) We discuss possible mechanisms underlying the relatively poor representation of F0s and the pitch of complex sounds later in this paper, in Sections 5.6 and 5.7.
Strengths and limitations of present systems
Efficacy of sparse representations
Present-day CIs support a high level of function for the great majority of patients, as indicated in part by sentence scores of 80% correct or higher for most patients and the ability of most patients to use the telephone. In addition, some patients achieve spectacularly high scores with present-day CIs. Indeed, their scores are in the normal ranges even for the most difficult of standard audiological tests (e.g., the top few patients in Fig. 4 and the patient described in Wilson and Dorman, 2007) . Such results are both encouraging and surprising in that the implants provide only a very crude mimicking of only some aspects of the normal physiology. The scores for the best-performing patients provide an existence proof of what is possible with electrical stimulation of a totally-deaf cochlea, and show that the information presented and received is adequate for restoration of clinically-normal function, at least for those patients and at least as measured by standard tests of speech reception. This is remarkable.
Variability in outcomes
One of the major remaining problems with CIs is the broad distribution of outcomes, especially for difficult tests and as exemplified in the bottom panel of Fig. 4 . That is, patients using exactly the same implant system -with the same speech processor, transcutaneous link, implanted receiver/stimulator, and implanted electrode array -can have scores ranging from the floor to the ceiling for such tests. Indeed, only a small fraction of patients achieve the spectacularly high scores mentioned above, although this proportion is growing with the use of bilateral CIs and of combined electric and acoustic stimulation (EAS) of the auditory system, as described in Section 6 below. (The overall variability in outcomes also is reduced but far from eliminated with these relatively new approaches.)
Likely limitations imposed by impairments in auditory pathway or cortical function
Accumulating and compelling evidence is pointing to differences among patients in cortical or auditory pathway function as a likely contributor to the variability in outcomes with CIs (Lee et al., 2001; Ponton and Eggermont, 2001; Sharma et al., 2002; Eggermont and Ponton, 2003; Tobey et al., 2004; McKay, 2005; Kral et al., 2006; Kral and Eggermont, 2007; Fallon et al., 2008) . On average, patients with short durations of deafness prior to their implants fare better than patients with long durations of deafness (e.g., Gantz et al., 1993; Summerfield and Marshall, 1995; Blamey et al., 1996) . This may be the result of sensory deprivation for long periods, which adversely affects connections between and among neurons in the central auditory system (Shepherd and Hardie, 2001 ) and may allow encroachment by other sensory inputs of cortical areas normally devoted to auditory processing (i.e., crossmodal plasticity; see Lee et al., 2001; Bavelier and Neville, 2002) . Although one might think that differences in nerve survival at the periphery could explain the variability, either a negative correlation or no relationship has been found between the number of surviving ganglion cells and prior word recognition scores for deceased implant patients who in life had agreed to donate their temporal bones for post-mortem histological studies (Blamey, 1997; Nadol et al., 2001; Khan et al., 2005; Fayad and Linthicum, 2006) . In some cases, survival of the ganglion cells was far shy of the normal complement, and yet these same patients achieved high scores in speech reception tests. Conversely, in some other cases, survival of the ganglion cells was excellent, and yet these patients did not achieve high scores on the tests. Although some number of ganglion cells must be required for the function of a CI, this number appears to be small, at least for the prior generations of implant systems and processing strategies used by these patients in life. Above that putative threshold, the brains of the better-performing patients apparently can utilize a sparse input from even a small number of surviving cells for high levels of speech reception. (Current and future implant systems and processing strategies may require a higher number of surviving cells in order to perform optimally; for example, one might think that both excellent and uniform or nearly-uniform survival would be needed for good performance with the HiRes 120 strategy, which addresses many single-electrode and virtual sites of stimulation along the length of the cochlea, as described in Wilson and Dorman, in press-b, and as described by Bonham and Litvak in 2008 . However, such a dependence on survival remains to be demonstrated.)
Similarly, it seems likely that the representation of speech sounds with a CI needs to be above some threshold in order for the brain to utilize the input for good speech reception. Singlechannel implant systems did not rise above this second putative threshold for all but a few exceptional patients; nor did prior processing strategies for multichannel implants. The combination of multiple sites of stimulation in the cochlea (at least 6-8), relatively new processing strategies such as the CIS, HiRes, n-of-m, and ACE strategies, and some minimum survival of ganglion cells is sufficient for a high restoration of function in some patients. Those patients are likely to have intact ''auditory brains" that can utilize these still sparse and distorted inputs, compared to the inputs received by the brain from the normal cochlea.
Other patients may not have the benefit of normal or nearly normal processing central to the auditory nerve. The effects of auditory deprivation for long periods have been mentioned. In addition, the brains of children become less ''plastic" or adaptable to new inputs beyond their third or fourth birthdays. This may explain why deaf children implanted before then generally have much better outcomes than deaf children implanted at age five and older (e.g., Lee et al., 2001; Sharma et al., 2002; Dorman and Wilson, 2004) . The brain may well be the ''tail that wags the dog" in determining outcomes with present-day CIs. The brain ''saves us" in achieving high scores with implants by somehow utilizing a crude, sparse, and distorted representation at the periphery. Strong learning or accommodation effects -over long periods ranging from about three months to a year or more -indicate a principal role of the brain in reaching asymptotic performance with implants (see Fig. 4 ). Multiple lines of evidence, such as those cited at the beginning of this section, further suggest that impairments or changes in brain function -including damage to the auditory pathways in the brainstem, or compromised function in the areas of cortex normally devoted to auditory processing, or reduced cortical plasticity, or cross-modal plasticity -can produce highly deleterious effects on results obtained with CIs.
Although the condition of the brain is likely to affect outcomes with CIs, other factors affect outcomes as well. CI systems and the utilized processing strategies must provide enough information for the intact brain to use, as noted above. Additionally, manipulations at the periphery obviously influence outcomes, as observed for example in the substantial gains in speech reception produced recently with bilateral CIs and with combined EAS (see Section 6 below), and as discussed by Pfingst et al. (2008) . The point here is that the brain is an important contributor to performance, and that impairments in brain function may limit what can be achieved with any method of peripheral stimulation developed to date.
Likely limitations imposed by present electrode designs and placements
Present designs and placements of electrodes for CIs do not support more than 4-8 effective sites of stimulation, or effective or functional channels, as mentioned before. Contemporary CIs use between 12 and 22 intracochlear electrodes, so the number of electrodes exceeds the number of effective channels (or sites of stimulation) for practically all patients and for all current devices. The number of effective channels depends on the patient and the speech reception measure used to evaluate performance. For example, increases in scores with increases in the number of active electrodes generally plateau at a lower number for consonant identification than for vowel identification. (This makes sense from the perspective that consonants may be identified with combinations of temporal and spectral cues, whereas vowels are identified primarily or exclusively with spectral cues, that are conveyed through independent sites of stimulation.) Patients with low speech reception scores generally do not have more than four effective channels for any test, whereas patients with high scores may have as many as eight or slightly more channels depending on the test (e.g., Friesen et al., 2001; Dorman and Spahr, 2006) .
Results from studies using acoustic simulations of implant processors and subjects with normal hearing indicate that a higher number of effective channels or sites of stimulation for implants could be beneficial. With simulations and normal-hearing subjects, as many as ten channels are needed to reach asymptotic performance (for difficult tests) using a CIS-like processor . Other investigators have found that even more channels are needed for asymptotic performance, especially for difficult tests such as identification of vowels or recognition of speech pre-sented in competition with noise or a multi-talker babble (Friesen et al., 2001; Shannon et al., 2004) . For example, Friesen et al. (2001) found that identification of vowels for listeners with normal hearing continued to improve with the addition of channels in the acoustic simulations up to the tested limit of 20 channels, for vowels presented in quiet and at progressively worse S/Ns out to and including +5 dB.
From another perspective, the number of largely independent filters in normal hearing is about 39 for the full range of frequencies from 50 Hz to 15 kHz, and is about 28 for the range of frequencies covered by speech sounds (Glasberg and Moore, 1990; Moore, 2003) . These numbers are much higher than the number of effective channels with present-day implants.
This apparent limitation with present-day CIs is illustrated in Fig. 5 , which shows speech reception scores as a function of the number of stimulated electrodes (and associated channels) for CIS processors. The top panel shows results from the first author's laboratory, and the bottom panel shows results from studies conducted by Garnham et al. (2002) . These results typify results from other studies.
Both panels show improvements in speech reception scoresfor a variety of tests -with increases in electrode number up to a relatively low value, depending on the test. Scores for tests of consonant identification in a quiet condition ''saturate" or plateau at 3 electrodes (top panel), and scores for identification of consonants presented in competition with noise at the S/N of +5 dB saturate at 4 (bottom panel) or 5 (top panel) electrodes. Scores for recognition of sentences or vowels, also presented in competition with noise, at the S/Ns of +10 and À10 dB, respectively, saturate at 6 electrodes (bottom panel). Scores for the remaining two tests shown in the bottom panel do not increase significantly with increases in electrode number beyond 6. These saturation points Garnham et al. , 2002, maximum Garnham et al. (2002) are presented in the bottom panel. The top panel shows scores for identification of 24 consonants in an /a/-consonant-/a/ context, by one subject using a Nucleus cochlear implant system with its 22 intracochlear electrodes. The bottom panel shows scores for recognition of the Bench, Kowal, and Bamford (BKB) sentences, identification of 16 consonants also in /a/-consonant-/a/context, identification of 8 vowels in a /b/-vowel-/d/ context, and recognition of the Arthur Boothroyd (AB) monosyllabic words, by a maximum of 11 subjects (Ss) using the COMBI 40+ cochlear implant system with its 12 electrode sites. The test items either were presented in quiet or in competition with noise, as indicated in the legends for the two panels. For the presentations in competition with noise, the signal-to-noise ratios (S/Ns) are indicated. The experimental conditions used for the study depicted in the top panel are the same as those described in Wilson (1997) .
are well below the maximum number of electrodes for each of the studies, 22 for the top panel and 10 or 11 (among the available 12 in the implant device used) for the bottom panel.
Large improvements in the performance of CIs might well be obtained with an increase in the number of effective sites of stimulation, which would help narrow the gap between implant patients and subjects with normal hearing. This gap is especially wide for the many patients who do not have more than four effective sites across wide ranges of speech reception measures. Just a few more channels for the top performers with CIs would almost certainly help them in listening to speech in demanding situations, such as speech presented in competition with noise or other talkers. An increase in the number of functional channels for patients presently at the low end of the performance spectrum could improve their outcomes considerably.
A highly plausible explanation for the limitation in effective channels with implants is that the electric fields from different intracochlear electrodes strongly overlap at the sites of neural excitation (e.g., Fu and Nogaki, 2004; Dorman and Spahr, 2006) . Such overlaps (or ''electrode interactions") may impose an upper bound on the number of electrodes that are sufficiently independent to convey perceptually separate channels of information. In addition, a central processing deficit may contribute to the limitation, perhaps especially for patients with low speech reception scores and (usually) a relatively low number of effective channels.
A problem with ST implants is that the electrodes are relatively far from the target tissue (most often the spiral ganglion), even for placements of electrodes next to the inner wall of the ST. Close apposition of the target and the electrode is necessary for a high spatial specificity of stimulation (Ranck, 1975) . One possibility for providing a close apposition is to promote the growth of neurites from the ganglion cells toward the electrodes in the ST with controlled delivery of neurotrophic drugs into the perilymph (Roehm and Hansen, 2005; Pettingill et al., 2007; Rejali et al., 2007; Vieira et al., 2007; Hendricks et al., 2008) . Such growth would bring the target to the electrodes. Another possibility is to implant an array of electrodes directly within the auditory nerve (an intramodiolar implant), through an opening made in the basal part of the cochlea (Arts et al., 2003; Badi et al., 2003 Badi et al., , 2007 Hillman et al., 2003; Spelman, 2006; Snyder, 2007, 2008; Anderson, 2008) . In this case, the electrodes would be placed immediately adjacent to axons of the auditory nerve. Studies are underway to evaluate each of these possibilities, including safety and efficacy studies. Results from studies to evaluate the intramodiolar implant have demonstrated that it is feasible from fabrication and surgical perspectives, and that the number of independent sites of stimulation with that implant may be substantially higher than the number for ST implants (Badi et al., 2007; Snyder, 2007, 2008) . However, these are preliminary findings and a full course of safety studies needs to be completed before intramodiolar implants might be approved by the United States Food and Drug Administration or other regulatory agencies for applications in humans. The same is true for the use of neurotrophic drugs to promote the growth of neurties toward ST electrodes. Each of these possibilities is promising, but each needs further study and validation.
Apparent disconnect between the number of discriminable sites and the number of effective channels
In general, a high number of sites may be perceived by implant patients. For example, a subpopulation of patients can rank the 22 electrodes of the Cochlear Ltd. electrode array on the basis of discriminable pitches (e.g., Zwolan et al., 1997) , and some patients can rank many more sites when ''virtual sites" of stimulation between simultaneously-stimulated electrodes are used along with the available single-electrode sites (e.g., Donaldson et al., 2005 ; also see the discussion in Bonham and Litvak, 2008) . However, no patient tested to date has more than about eight effective channels when stimuli are rapidly sequenced across electrodes in a real-time, speech-processor context. The mechanism(s) underlying this apparent disconnect -between the number of discriminable sites and the number of effective channels -remain(s) to be identified. Possibly, the mechanism(s) may relate to masking, temporal integration, or refractory effects that are produced both peripherally and centrally when stimuli are presented in rapid sequences among electrodes but not when stimuli are presented in isolation, as in the psychophysical ranking studies mentioned above. Identification of the mechanism(s) could be a great help, in that the knowledge might provide a prescription for patterning stimuli in a way that would bring the number of effective channels closer to the number of discriminable sites. Indeed, closing this gap may be more important than simply increasing the number of discriminable sites, which certainly would not guarantee an increase in the number of effective channels.
Possible deficit in the representation of fine structure information
Fine structure information relates to frequency variations within bandpass channels that may not be represented or represented well with the CIS and other ''envelope based" strategies. In particular, the envelope detector for each channel in such strategies senses energy only, for all frequencies within the band for the channel. Thus, a signal at one frequency within the band will produce an output at the envelope detector that is no different from the output produced by another frequency within the band, so long as the amplitudes for the signals are the same. Information about frequency variations of single components in the band, or about the frequencies of multiple components in the band, is lost or ''discarded" at the envelope detector. Such a loss could degrade the representation of speech sounds (Smith et al., 2002) , degrade the representation of tone patterns in tonal languages (Xu and Pfingst, 2003) , and greatly diminish the representation of musical sounds (Smith et al., 2002) .
Possibly, however, fine structure information is in fact represented at least to some extent by the envelope-based strategies. Variations at low frequencies -in the F0 range -are represented in the modulation waveforms, as described in Section 3.3. These variations may be perceived as different pitches so long as the modulation frequencies do not exceed the ''pitch saturation limit" for implant patients, i.e., the rate or frequency (or modulation frequency) at which further increases in rate or frequency do not produce further increases in pitch. This limit is about 300 Hz for most patients (e.g., Zeng, 2002) , although it can range as high as 1 kHz or a bit beyond that for exceptional patients (e.g., Hochmair-Desoyer et al., 1983; Townshend et al., 1987; Zeng, 2002) . The cutoff frequency for the envelope detectors in the envelope-based strategies typically is between 200 Hz and 400 Hz, which corresponds to the pitch saturation limit for most patients. The effective cutoff is higher in the HiRes strategy, and this may allow for a somewhat greater transmission of fine structure information for the exceptional patients with the higher pitch saturation limits.
In addition to this temporal coding of fine structure information at low frequencies, the envelope-based strategies also may provide a ''channel balance" cue that could represent fine structure information at higher frequencies. McDermott and McKay (1994) among others (e.g., Kwon and van den Honert, 2006; Nobbe et al., 2007) have shown that intermediate pitches are produced when closely-spaced electrodes are stimulated in a rapid sequence, as compared to the pitches that are produced when each of the electrodes is stimulated separately. The pitch elicited with the rapid sequential stimulation varies according to the ratio of the cur-rents delivered to the two electrodes. Thus, for example, progressively higher pitches would in general be produced as progressively greater proportions of the currents are delivered to the basal member of the pair. Rapid sequencing of stimuli across electrodes is used in the envelope-based strategies, and therefore one might expect that a continuous range of pitches could be produced with the strategies, including pitches that are intermediate to those produced with stimulation of single electrodes in isolation. Indeed, this has been demonstrated by Dorman et al. (1996) for the CIS strategy. Their data show that the strategy can represent fine gradations in frequencies across the represented spectrum of sounds, and Dorman et al. have suggested that this performance may be attributable to a channel-balance cue, produced as the ratio of stimulation between adjacent electrodes when an input at a given frequency excites the bandpass filters for each of the channels assigned to the electrodes. Such simultaneous excitation can occur because all physically-realizable filters have sloping cutoffs which often overlap. (The amount of overlap between adjacent filters is controlled by the rate of the attenuation beyond each cutoff frequency for each filter, usually measured in dB/octave or dB/decade of frequencies, and the point at which the filter responses ''cross," which typically is at the 3-dB attenuation point for each filter.) The relative excitation at the two electrodes would reflect the relative excitation of the two filters for the two channels by the sinusoidal input. Thus, fine structure information may be represented as the ratio of stimulation between channels and as a result of (1) overlaps in the responses between filters and (2) the intermediate pitches that are produced with rapid sequential stimulation of closely-spaced electrodes. Such a representation would require filters with overlapping responses, and indeed the representation might be enhanced with bandpass filters having a triangular-or bellshaped response, as concatenation of those filters would produce a uniform or nearly uniform response across frequencies, and continuous variations in the ratio of filter outputs for changes in frequency. (The current and some prior MED-EL implementations of CIS use bandpass filters with bell-shaped responses for this very reason.)
The situation just described is quite different from the idealized example given at the beginning of this Section 5.6. In the example, only a single filter (and channel) is used. In a real processor, multiple filters and associated channels and sites of stimulation are used. The filters for the channels overlap, producing multiple sites of stimulation for single frequencies at the input. Such stimulation in turn produces intermediate pitches and (potentially) a finegrained representation of fine structure information.
At this time, it is not clear how much fine structure information is presented and received with the envelope-based strategies. The results reported by Dorman et al. (1996) , and the analysis presented above, suggest that the amount may be substantial.
The possibility that only a small amount of the fine structure information is transmitted with envelope-based strategies, along with the findings of Smith et al. (2002) and of Xu and Pfingst (2003) demonstrating the importance of the information, have motivated efforts to represent the information in other ways (e.g., Nie et al., 2005; Wilson et al., 2005; Zeng et al., 2005; Hochmair et al., 2006; Arnoldner et al., 2007; Litvak et al., 2008; Bonham and Litvak, 2008) . Indeed, many have assumed that little or no fine structure information is transmitted by the ''envelope-based" strategies, as ''only envelope information is presented." This ignores the fact that temporal information is presented in the modulation waveforms up to 200-400 Hz or higher, and ignores the fact that a channel-balance cue may well convey fine structure information at higher frequencies, especially if filter overlaps are appropriately designed.
The extent to which fine structure information already is available to implant patients is unknown at present. In addition to developing alternative approaches for representing the information, as mentioned above, future efforts also might be productively directed at developing direct measures of the transmission of fine structure information to implant patients. One promising approach for this has been described quite recently by Drennan et al. (2008) and involves discrimination of Schroeder-phase harmonic complexes, which differ in temporal fine structure only. Additional measures may be needed for assessing the transmission of fine structure information for bandpass channels with relatively high center frequencies, e.g., above 400 Hz. An excellent possibility for such measures is the frequency discrimination measure developed by Dorman et al. years ago (Dorman et al., 1996) . As noted before, that measure demonstrated discrimination of many frequencies along a fine and continuous scale, for the CIS strategy and over the frequency range that included overlapping responses between adjacent bandpass filters. This finding showed that fine structure information is transmitted at the higher frequencies with CIS (generally above 400 Hz with the standard filter choices), and suggested the likely existence and operation of a channel-balance cue for frequencies other than the center frequencies of the bandpass filters.
In broad terms, at least some fine structure information is transmitted to patients by the CIS and (presumably) other envelopebased strategies. How much is an open question. In addition, we do not know at this point whether any of the alternatives that have been specifically designed to increase the transmission in fact do that. Direct measures of the transmission of fine structure information with all of these strategies -CIS, n-of-m, ACE, SPEAK, HiRes, Fine Hearing, HiRes 120, and other strategies now in developmentwould be most helpful, to know whether one or more of them are better than the others and over what ranges of frequencies. In addition, and assuming considerable ''headroom" may exist for the transmission of fine structure information, the measures could inform the development of refined or new approaches that may increase the transmission further. (The results from Dorman et al. suggest that this is a good assumption, i.e., although frequency discrimination with CIS was good and considerably better than that for an alternative strategy, the discrimination also was worse than what would be expected for subjects with normal hearing taking the same test.) The key questions at this time are (1) how much of the information is transmitted with conventional envelope-based strategies; (2) whether those strategies can be improved to enhance the transmission, e.g., with strictly base-to-apex or apex-to-base update orders to ensure rapid sequential stimulation of all pairs of adjacent electrodes; and (3) whether a fundamentally-different strategy can produce a significant increment in the transmission.
Less-than-resolute representations of fundamental frequencies for complex sounds
Although F0s are represented in the modulation waveforms of CIS and other envelope-based strategies, such representations do not provide the highly salient and highly discriminable representations of F0s in normal hearing. As has been mentioned, temporal representations of frequencies with electrically elicited hearing are limited to frequencies lower than the pitch saturation limit, which is around 300 Hz for most patients. In addition, the difference limens (DLs) for rates or frequencies of electric stimuli are much worse (typically ten times worse) than the DLs for normal hearing and acoustic stimuli, in this low-frequency range below 300 Hz (e.g., Zeng, 2002; Baumann and Nobbe, 2004) .
Of course, frequencies of input sounds also can be represented by place of stimulation with electric stimuli. Higher frequencies can be represented in this way than with the rate codes. Here, too, however, the DLs for electrically elicited hearing appear to be worse than the DLs for normal hearing (Dorman et al., 1996) .
The pitches elicited with changes in rate or frequency of stimulation may be similar to ''non spectral" pitches elicited in normal hearing Viemeister, 1976, 1981) with sinusoidallyamplitude-modulated noise. These non-spectral pitches also saturate at a relatively-low modulation frequency (850-1000 Hz, corresponding to the upper end of pitch saturation limits for implant patients) and the DLs for changes in modulation frequency below this saturation limit are worse than the DLs for the sinusoids presented alone, where both rate and place of stimulation vary with frequency.
Accurate perception of F0s is important for (1) separation of ''auditory streams" from different sources (e.g., a primary speaker and a competing voice); (2) identification of a speaker's gender; (3) identification in speech of emotion and declarative versus inquisitive intent; (4) reception of tone languages; and (5) reception of melodies. Thus, less-than-resolute representations of F0s is a problem for implants, and this problem has received considerable attention (e.g., Wouters, 2001, 2004; Luo and Fu, 2004; Green et al., 2005; Laneau et al., 2006; Carroll and Zeng, 2007; Chatterjee and Peng, 2007; Sucher and McDermott, 2007) . Unfortunately, a way to improve the representations has not been identified to date despite these efforts. (With some approaches, small improvements have been demonstrated, but only at the cost of decrements in the transmission of other types of important information.)
The apparent lack of salient pitches for implant patients, and the relatively poor discrimination of frequencies for the patients, may be attributable to the large differences in patterns of neural excitation with implants compared to the patterns in normal hearing (e.g., Moore, 2003; McKay, 2005; Turner et al., 2008) . In normal hearing, frequencies of stimulation are coordinated with the places (or sites) of stimulation, and the lower harmonics of a fundamental frequency are resolved by the auditory filters and are separately represented along the cochlear partition for the F0s of the many sounds with relatively low F0s such as speech and music. In addition, a ''slowing down" (accumulation of phase lags) of the traveling wave along the basilar membrane just basal to and at the position of the peak response for a given sinusoidal input produces a pattern of sharply increasing latencies of responses for neurons innervating this region in the normal cochlea, which could be ''read" by the central auditory system as indicating the point of the peak response and therefore the frequency of stimulation (e.g., Loeb et al., 1983) . Current CIs do not represent any of these features, with the possible exception of the first feature using the Fine Hearing strategy (Hochmair et al., 2006; Arnoldner et al., 2007) , in which the rate of pulsatile stimulation may be roughly coordinated with the site(s) of stimulation, for the apical 1-3 channels, depending on choices made in the fitting of the strategy.
Among the features, the presentation and perception of the resolved harmonics appears to be essential for highly-salient pitch percepts in normal hearing (Oxenham et al., 2004) . In addition, the harmonics may need to be at the ''tonotopically correct" places along the cochlear partition to be effective. Such a representation would be difficult or impossible to achieve with a CI, in that precise control over multiple sites of stimulation -corresponding to the first several harmonics -would be required. Possibly, high density electrodes, or use of virtual sites between electrodes (formed either with rapid sequential stimulation of adjacent electrodes, as described above, or with simultaneous stimulation of adjacent electrodes, as described by Bonham and Litvak in 2008) , might possibly provide the requisite level of control, especially if a closer apposition between the electrodes and their neural targets can be achieved.
Similarly, replication of the rapidly increasing latencies of neural responses, produced in normal hearing near and at the position(s) of maximal deflections of the basilar membrane, would be difficult with implants as well, as this would require a high level of control over the relative timing of neural responses over short distances along the length of the cochlea. This might be possible with high-density electrodes and a close apposition of those electrodes to target neurons, but probably is not possible with present designs of ST electrodes or without an induced growth of neurites toward ST electrodes.
Precise coordination of rate and place of stimulation also would require precise control over site of stimulation. In addition, the processing strategy would need to present pulses at the appropriate rate at each electrode, and would need to do this while still maintaining a non-simultaneity of stimulation across electrodes, to avoid interactions that result from direct summation of electric fields from different electrodes. Finally, coordination of rates and places for low F0s, such as those for speech (in the range from about 80 Hz to 250 Hz), would require stimulation in apical parts of the cochlea, which might be achieved with deeply-inserted ST electrode arrays and selective stimulation of neurons that innervate the apical region, e.g., through selective stimulation of surviving peripheral processes in the apex.
Even if rate and place could be coordinated, the rate part of the representation may not be effective, as the perceived rate is restricted by the pitch saturation limit. Thus, presenting a 2 kHz stimulus at the 2 kHz place may also produce the postulated disconnect, in that the perceived rate may be the same as that produced by a 300 pulses/s stimulus, and similarly for all sites representing frequencies above the pitch saturation limit.
At this time, it is not known whether coordination of rate with place of stimulation is important, or whether replication of the latency fields that occur in normal hearing is important. However, representation of resolved harmonics is clearly important. This might be achieved through a higher level of neural control with implants, e.g., by bringing the electrodes closer to the neural targets or vice versa.
In contrast to the apparently weak representations of F0 for complex sounds with present-day unilateral CIs, the representation appears to be highly robust with combined EAS, as described in Section 6 below. The acoustic stimulation part of combined EAS, and the perception of that information, may well include multiple harmonics of F0s for practically all voiced speech sounds and for most musical sounds, and additionally the correct placements of those harmonics along the length of the cochlea. Moreover, any latency fields of perceptual significance are most likely produced with the acoustic stimulation part of combined EAS. (The fields may be somewhat different than normal, depending on the degree of hearing loss at low frequencies.) Thus, combined EAS may well be the single best way to convey F0 information for persons with highly compromised hearing, but also with some remaining sensitivity to acoustic stimuli at low frequencies. For everyone else, another way needs to be found, as outlined in the discussion above.
Little or no sound localization ability with unilateral implants
Patients using unilateral CIs have little or no sound localization ability (e.g., Nopp et al., 2004; Senn et al., 2005) . This reduces the effectiveness of the alerting function that could be supported by a prosthetic system for hearing and eliminates the S/N advantage of binaural hearing, especially for different locations of the speech and the noise. These deficits are largely repaired with bilateral CIs, as described below.
Two recent advances
Two recent advances have produced significant improvements in the overall (average) performance of implant systems. The advances are (1) electrical stimulation on both sides with bilateral CIs, and (2) combined EAS of the auditory system for persons with residual hearing at low frequencies. Bilateral electrical stimula-tion may reinstate at least to some extent the interaural amplitude and timing difference cues that allow people with normal hearing to lateralize sounds in the horizontal plane and to selectively ''hear out" a voice or other source of sound from among multiple sources at different locations. Additionally, stimulation on both sides may allow users to make use of the acoustic shadow cast by the head for sound sources off the midline. In such cases, the S/N may well be more favorable at one ear compared to the other for multiple sources of sound, and users may be able to attend to the ear with the better S/N for the desired source. Combined EAS may preserve a relatively-normal hearing ability at low frequencies, with excellent frequency resolution and other attributes of normal hearing, while providing a complementary representation of high frequency sounds with the CI and electrical stimulation. Various surgical techniques and drug therapies have been developed to preserve low-frequency hearing in an implanted cochlea, to allow combined EAS of the same ear following an implant operation. These techniques and therapies are reviewed in Wilson and Dorman (in press-a) and include deliberately-short insertions of the electrode array (6, 10, 16 or 20 mm) to reduce the risk of damaging the apical part of the cochlea and remaining hair cells there.
Each of these approaches -bilateral electrical stimulation and combined EAS -has produced large improvements in speech reception performance compared to control conditions (see review in Wilson and Dorman, in press-a, and see in Turner et al., 2008) . In particular, bilateral stimulation can provide a substantial benefit in recognizing difficult speech materials such as monosyllabic words and in recognizing speech presented in competition with spatially distinct noise, in comparison to scores obtained with either unilateral implant alone (e.g., Gantz et al., 2002; Müller et al., 2002; Laszig et al., 2004; Ramsden et al., 2005; Litovsky et al., 2006; Ricketts et al., 2006) . In addition, use of both implants supports an improved ability to lateralize or localize sounds (depending on which was measured in a particular study), again compared with either unilateral implant (e.g., van Hoesel and Tyler, 2003; Nopp et al., 2004; Senn et al., 2005; Grantham et al., 2007; Tyler et al., 2007) . (This ability is nonexistent or almost nil with a unilateral implant, as noted before.) Combined EAS also provides a substantial benefit for listening to speech in quiet, in noise, in competition with another talker, or in competition with a multi-talker babble, compared with either electric stimulation only or acoustic stimulation only (e.g., von Ilberg et al., 1999; Kiefer et al., 2002 Kiefer et al., , 2005 Gantz and Turner, 2003; Wilson et al., 2003; Gstoettner et al., 2004 Gstoettner et al., , 2006 Gantz et al., 2005 Gantz et al., , 2006 Kong et al., 2005; James et al., 2006; Gifford et al., 2007; Dorman et al., 2007; Turner et al., 2008) . Indeed, in some cases the score for combined EAS is greater than the sum of the scores for the electric-only and acoustic-only conditions. This has been described as a synergistic effect (e.g., Gstoettner et al., 2004; Wilson et al., 2003) . In addition, identification of melodies and reception of musical sounds is greatly improved with combined EAS compared to electric stimulation alone (Gantz et al., 2005; Kong et al., 2005; Gfeller et al., 2006 Gfeller et al., , 2007 Gstoettner et al., 2006; Dorman et al., 2007) . (Scores with acoustic stimulation alone closely approximate the scores with combined EAS, for melody and music reception.) In cases of symmetric or nearly-symmetric hearing loss, the benefits of combined EAS can be obtained with the acoustic stimulus delivered either to the ear with the CI or to the opposite ear or to both ears. Large benefits also can be obtained in cases of complete or nearly complete loss of residual hearing on the implanted side and delivery of the acoustic stimulus to a still-sensitive ear on the contralateral side. (This observation is good news for recipients of a fully-inserted CI on one side, and residual hearing on the contralateral side, in that any residual hearing on the implanted side generally is lost with a full insertion of the electrode array.)
The described gains from bilateral electrical stimulation most likely arise from a partial or full restoration of the binaural difference cues and to the head shadow effect, as suggested above. A principal advantage of combined EAS over electric stimulation only may be that fine structure information is presented without modification in the low-frequency range with combined EAS, and a substantial portion or all of this information may be perceived, at least by the better users. The fine structure information is likely to include F0s and the first one or two or more harmonics of the F0s, along with at least some indication of first formant frequencies for speech. The information also is likely to include most F0s and perhaps the first one or two harmonics (depending on the F0) for music. The acoustic-stimulation part of combined EAS is effective for low frequencies only, of course, but fine structure information in this range is more important than fine structure information at higher frequencies, for both speech and music reception (e.g., Smith et al., 2002; Xu and Pfingst, 2003) .
A detailed discussion of possible mechanisms underlying the benefits of bilateral CIs and of combined EAS is presented in Wilson and Dorman (in press-a) . Detailed discussions about possible mechanisms underlying the benefits of combined EAS also are presented in Turner et al. (2008) , in Qin and Oxenham (2006) , and in Dorman et al. (2007) .
Each of these relatively new approaches, bilateral electrical stimulation and combined EAS, utilizes or reinstates a part of the natural system. Two ears are better than one, and use of even a part of normal or nearly normal hearing at low frequencies can provide a highly significant advantage.
Possibilities for further improvements
Tremendous progress has been made in the design and performance of cochlear prostheses. However, much room remains for improvements. Patients with the best results still do not hear as well as listeners with normal hearing, particularly in demanding situations such as speech presented in competition with noise or other talkers. Users of standard unilateral implants do not have much access to music and other sounds that are more complex than speech. Most importantly, a wide range of outcomes persists, even with the current processing strategies and implant systems, and even with bilateral implants or combined EAS.
Fortunately, major steps forward have been made recentlywith bilateral implants and combined EAS -and many other promising possibilities for further improvements in implant design and function are on the horizon. Some of the possibilities include:
New designs or placements of electrode arrays, to bring the electrodes in closer proximity to neural targets. Detection of peripheral processes, using psychophysical or electrophysiological measures, and selective activation of the processes when present and if possible, again to reduce the distance between electrodes and their neural targets. Continued efforts to promote the growth of neurites toward ST implants, to bring the target toward the electrodes. Continued development of novel modes of stimulation, that may allow precise spatial control of excitation sites, such as the optical mode of stimulation described by Richter et al. (2008) . Identification of the mechanism(s) underlying the apparent disconnect between the number of sites that can be discriminated when stimulated in isolation versus the number of effective channels in a real-time, speech-processor context, and use of that knowledge to possibly reduce the gap.
Continued efforts to increase the transmission of fine structure information to implant patients, as may be informed and facilitated by direct measures of the transmission. Continued efforts to improve the representation and reception of F0 information, in the limited ways that may be available with present ST electrodes and in the possibly less-limited ways that may be available with other electrode designs. Broaden the applications of combined EAS to include as many patients as possible, including acoustic stimulation on the side contralateral to a fully-inserted CI and with at least some residual hearing on that other side, as the acoustic stimulation part of combined EAS may be the single best way to provide salient representations of pitch and also fine-structure information in the range of residual, low-frequency hearing. (Use of the natural system wherever possible almost has to be better than use of electrical stimuli.) Refinement and optimization of processing strategies and other aspects for bilateral implants and for combined EAS, each of which are in their nascent stages. Acoustic stimulation in conjunction with bilateral CIs, for persons with bilateral CIs having some residual hearing. Continued development of surgical techniques and adjunctive drug therapies for better preservation of residual hearing during and after surgeries for combined EAS. Continued development of electrical stimulation patterns and adjunctive drug therapies to preserve spiral ganglion cells and other neural structures in sensorineural hearing loss and in the implanted cochlea. Continued development of strategies designed to provide a closer mimicking of the complex and interactive processing that occurs in the normal cochlea.
Each of the possibilities listed above is aimed at improving the representation at the periphery. A fundamentally new approach may be needed to help those patients presently at the low end of the performance spectrum, however. They may have compromised ''auditory brains" as suggested above and by many recent findings. For them, a ''top down" or ''cognitive neuroscience" approach to implant design may be more effective than the traditional ''bottom up" approach. In particular, a top-down approach would ask what the compromised brain needs as an input in order to perform optimally, in contrast to the traditional approach of replicating insofar as possible the normal patterns of activity at the auditory nerve. The patterns of stimulation specified by the new approach are quite likely to be different from the patterns specified by the traditional approach.
A related possibility that may help all patients at least to some extent is directed training to encourage and facilitate desired plastic changes in brain function (or, to put it another way, to help the brain in its task to learn how to utilize the inputs from the periphery provided by a CI). Such training if well designed may reduce the time needed to reach asymptotic performance and may produce higher levels of auditory function at that point and beyond (e.g., Fu and Galvin, 2008) . The ideal training procedure for an infant or young child may be quite different from the ideal procedure for older children or adults due to differences in brain plasticity. For example, the ''step size" for increments in the difficulty of a training task may need to be much smaller for adults than for infants and young children (Linkenhoker and Knudsen, 2002) . However, all patients may benefit from appropriately designed procedures that respect the differences in brain plasticity according to age. The brain is a critical part of a prosthesis system. For patients with a fully intact brain, the ''bottom up" approach to implant design probably is appropriate, i.e., an ever-closer approximation to the normal patterns of neural discharge at the periphery is likely to provide the inputs that the brain ''expects" and is configured to receive and process. For patients with a compromised brain, such inputs may not be optimal. In those cases, a ''top down" approach to implant design, or a combination of ''top down" and ''bottom up" approaches, may produce the best results. For example, a ''top down" approach combined with techniques to minimize electrode interactions at the periphery may be especially effective for patients presently shackled with relatively poor outcomes.
Concluding remarks
We as a field have come a long way in the development of CIs. We and implant patients alike owe a great debt of gratitude to the pioneers who persevered in the face of intense criticism.
With a modern CI, Ludwig van Beethoven's life, and Helen Keller's life, would have been changed for the better. Their sense of isolation would have been assuaged if not eliminated. Beethoven probably would have been disappointed in listening to music, however.
The path before us is clear and exciting. We are starting in a good spot, with two recent advances and with the present high levels of sentence recognition in quiet. At the same time, there are multiple and promising opportunities for improvements in the current devices and approaches. Many outstanding groups, including those represented by the authors in this special issue, are pushing forward with the vigor and determination of the pioneers. Cochlear implants have a brilliant future.
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